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46 MULTIPLIER 

A noise reducing apparatus is disclosed, which includes: 
input means for inputting multiple audio signals from mul 
tiple audio channels; multiple band extracting means for 
extracting a predetermined band from the multiple audio 
signals; calculating means for averaging signals from the 
multiple band extracting means; multiple first level detecting 
means for detecting the signal levels in a predetermined 
period of time of the signals from the multiple band extract 
ing means; second level detecting means for detecting the 
signal level in a predetermined period of time of the signal 
from the calculating means; selecting means for selecting, 
for each of the predetermined period of times, the signal 
having the lowest level value of the level values detected by 
the multiple first level detecting means and the second level 
detecting means; band limiting means for limiting the band 
of the signal from the selecting means; and band synthesiz 
ing means for band-synthesizing the signal from the band 
limiting means and the signal in a band, which is not 
extracted by the multiple band extracting means, for each 
audio channel, wherein the output of the band synthesizing 
means is an audio channel output signal. 
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NOISE REDUCING APPARATUS, METHOD AND 
PROGRAMAND SOUND PICKUP APPARATUS 

FOR ELECTRONIC EQUIPMENT 

CROSS REFERENCES TO RELATED 
APPLICATIONS 

0001. The present invention contains subject matter 
related to Japanese Patent Application JP2005-264157 filed 
in the Japanese Patent Office on Sep. 12, 2005 the entire 
contents of which being incorporated herein by reference. 

BACKGROUND OF THE INVENTION 

0002) 
0003. The present invention relates to a noise reducing 
apparatus, method and program and Sound pickup apparatus 
for electronic equipment, which allow the reduction of noise 
in an electric circuit due to the wind through a microphone 
and, in particular, a noise reducing apparatus, method and 
program and sound pickup apparatus for electronic equip 
ment, which minimize, select and re-synthesize multiple 
microphone signals for each predetermined period of time. 
0004 2. Description of the Related Art 
0005. In order to prevent wind noise in the outdoor 
picking-up with a large broadcasting or industrial video 
camera in the past, a wind preventing device called wind 
jammer may be attached to a microphone or a microphone 
may be covered by urethane. Instead of the mechanical wind 
preventing device, an internal microphone of an audio 
recording apparatus for mobile electronic equipment such as 
a home video camera may often have wind-preventing 
measures in an electric circuit construction for a smaller 
size. The wind preventing measures in Such an electric 
circuit construction in the past may include: 
0006 1. Controlling and converting the directivity (such 
as a sound-field characteristic and separation) of each sound 
signal to a monaural form; 

1. Field of the Invention 

0007 2. Attenuating the level of the frequency band 
including a large amount of a wind noise component; and 
0008. 3. Changing sound-field creating/calculating pro 
cessing and canceling the directivity. 
These measures may be often performed independently or in 
combination. 

0009 For example, Patent Document 1 discloses a sound 
pickup apparatus having measures of both 1 and 2 above on 
a first low frequency component including a wind compo 
nent and automatically controlling the characteristic by 
using a signal from which a second low frequency compo 
nent including a larger amount of a wind noise component 
is detected. FIG. 13 shows an entire block diagram of an 
automatic wind noise reducing circuit having two left/right 
(called L/Rhereinafter) channels of a picking-up apparatus 
disclosed in Patent Document 1. The parts enclosed by the 
broken lines in FIG. 13 show schematic block diagrams of 
the control sections. In FIG. 13, a right audio signal (called 
Rch hereinafter) and left audio signal (called Lch hereinaf 
ter) input from an R-microphone 1 and an L-microphone 2 
include analog audio signals and wind noise signals, which 
are digitally converted by an analog-digital converters 
(called ADCs hereinafter) 5 and 6 through amplifiers (called 
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AMPs hereinafter) 3 and 4. Then, the Rch side is input, as 
digital data, to a delay unit (called DL hereinafter) 7 and the 
minus terminal of an adder 9. The Lch side is input, as digital 
data, to a DL 8 and the plus terminal of the adder 9. The 
adder 9 calculates the difference signal component (L-R) of 
both, which is then input to low-pass filters (called LPFs 
hereinafter) 10 and 21. 

0010 FIG. 14 shows a frequency characteristic example 
of a wind noise signal in a general video camera. The level 
of the wind noise signal increases with the 1/F characteristic 
(where F is a frequency) toward the lower frequency side 
with respect to about 1 kHz. However, because of the 
characteristic of a used microphone and/or the coupling 
capacitor connecting to the analog circuit in the input stage, 
the level decreases at an extremely low frequency and 
therefore has the peak around 100 to 200 Hz. Furthermore, 
due to the swirling airflow (which may be called Kalman 
Swirl) occurring in the vicinity of a microphone, the wind 
noise signals from multiple microphones approximate to 
random signals having less correlation than audio signals. 
Since wind noise signals have no correlation between L and 
R channels, a large amount of wind noise component is 
extracted from the difference signal component (L-R). The 
LPF 21 only extracts wind noise signals, which hardly 
include audio signals from an extremely low frequency 
component therethrough (in a wind noise extracting section 
33 in the part enclosed by the broken line in FIG. 13). The 
output of the LPF 21 is amplified by the AMP 22, and the 
level of the wind noise signals is detected by a detector 
(called DEThereinafter) 23 (in a detecting section 34 in the 
part enclosed by the broken line in FIG. 13). AMAKECOEF 
(control coefficient creating unit) 24 creates a control coef 
ficient to be Supplied to the next stage, and the wind noise 
level detection signal along with an attack/recovery time 
constant is obtained (in a control value creating section 35 
in the part enclosed by the broken line in FIG. 13). 

0011. The LPF 10 can extract most wind noise signals by 
allowing a low frequency wind noise band shown in FIG. 14 
to pass through, and a level adjusting unit 11 controls the 
level of the signals by using a wind noise level detection 
signal. In this case, the level adjusting unit 11 controls to 
provide a large output for a large amount of wind noise, that 
is, when the level of the wind noise level detection signal is 
high. On the other hand, with no wind noise, the level 
adjusting unit 11 controls the level of the wind noise level 
detection signal to Zero and outputs Zero. Then, the adder 12 
adds the output of the level adjusting unit 11 and the signal 
having passed through the DL 7, and the adder 13 subtracts 
the output of the level adjusting unit 11 from the signal 
having passed through the DL8 (in a first control section 31 
in the part enclosed by the broken lines in FIG. 13). 
0012. The meaning of the calculation may be expressed 
as below: 

where Ra is the output of the adder 12, La is the output of 
the adder 13, LS is an audio signal of the Lch, Lw is a wind 
noise signal thereof. RS is an audio signal of the Rich, Rw is 
a wind noise signal thereof, and the output/input ratio of the 
level adjusting unit 11 is defined as 0.5 times with maximum 
wind noise. 
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0013 In other words, both of large wind noise signals Rw 
and LW results in the (LW--Rw) component, which is a 
monaural signal. When the wind noise signals Rw and Lw 
are Zero, the respective audio signals RS and LS are output. 
Because of less inter-channel correlation than audio signals, 
wind noise signals can be added to be largely reduced. The 
synchronization of the signal timings in the adders 12 and 13 
further increases the reduction effect since the DLS 7 and 8 
compensate the delay by the LPF 10 on the main line side. 
The outputs of the adder 12 and 13 are input to the DLs 15 
and 16, respectively, and are input to and added in the adder 
14. The output is input to the LPF 17. The LPF 17 has a band 
setting to extract a wind noise band like the LPF 10. 
0014) The output of the LPF 17 is level-controlled by the 
wind noise level detection signal in the level adjusting unit 
18. The output is controlled to be large with a large amount 
of wind noise, that is, when the level of the wind noise level 
detection signal is high while the output is controlled to Zero 
when the level of the wind noise level detection signal is 
Zero with no wind noise. The adder 19 subtracts the output 
of the level adjusting unit 18 from the signal having passed 
through the DL 15. The adder 20 subtracts the output of the 
level adjusting unit 18 from the signal having passed 
through the DL 16 (in a second control unit 32 in FIG. 13). 
0.015 The meaning of the calculation may be expressed 
as below: 

Lib=LS+0.5 (Lw--Rw)-0.5(Lw--Rw)=Ls EQ4 
where Rb is the output of the adder 19, Lb is the output of 
the adder 20, and the output/input ratio of the level adjusting 
unit 18 is defined as 0.5 times with maximum wind noise 
based on EQ1 and EQ2. 
0016. Therefore, the wind noise signals Rw and Lw are 
cancelled, and only audio signals RS and LS can be obtained. 
Since the DLs 15 and 16 compensate the delay by the LPF 
17 on the main line side, the synchronization of the signal 
timings in the adders 19 and 20 further increases the 
reduction effect. Therefore, the adders 19 and 20 output 
audio signals having reduced wind noise signals, which are 
then input to recording signal processing, if in a video 
camera, and are recorded on a recording medium Such as a 
tape along with separately prepared video signals. 
0017. In a microphone apparatus, reproduced audio sig 
nal processing apparatus and wind noise reducing apparatus 
for audio signal disclosed in Patent Document 2, a minimum 
clip level and a maximum limiter level are provided for a 
detection signal from a detecting section of the Sound pickup 
apparatus disclosed in Patent Document 1. Patent Document 
2 discloses a microphone, which can securely reduce wind 
noise signals only from audio signals from L/Rch even when 
the amount of unrelated components of the left and right 
channel audio signals increases. The unrelated components 
may result from an imbalance in characteristics of L/Rch 
circuits in the previous circuit of the wind noise reducing 
circuit that reduces wind noise included in audio signals of 
the L/Rch based on multiple audio signals from multiple 
microphones, forms of microphones used for picking-up, 
forms and attaching method of Surrounding wind preventing 
devices (such as a sponge and wire netting), differences in 
spaces between microphones, and conversion of audio sig 
nals from multiple microphones used for picking-up to 
L/Rch audio signals by a stereo conversion processing 
circuit. 
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0018 Patent Document 3 discloses a wind noise reducing 
method and apparatus therefor that detect the synchronism 
of 1/f fluctuation of a wind component in a Sound picked-up 
with one-channel microphone and automatically attenuates 
the low frequency level by using the second measure above. 
Patent Document 4 discloses a Sound pickup apparatus and 
Stereo conversion method that separate, in Stereo Sound-field 
creating processing, to a band including a wind noise 
component more and the other bands, and change the stereo 
Sound-field creating processing to be performed on the band 
including a wind noise component more according to detect 
ing wind noise (third measure above). Patent Document 4 
further discloses an automatic wind noise reducing appara 
tus and method that perform automatic wind noise reducing 
processing compliant with multi-channel Sound-field creat 
ing processing in picking-up with three or more channel 
microphones (first and second measures above). 

0019 Patent Document 5 discloses an audio processing 
circuit apparatus that can attenuate unnecessary wind noise 
component only, without reducing the low frequency com 
ponent of audio to be picked-up. FIG. 15 shows the audio 
processing circuit apparatus disclosed in Patent Document 5. 
In FIG. 15, audios Rs and LS and wind noises Lw and Rw 
of the right centered Rch and the left centered Lch are input 
to an Rch microphone 201 and an Lch microphone 202, 
respectively. 

0020. The Rch is connected to an analog delay circuit 205 
which allows low frequencies to pass through in an LPF 
construction through an AMP 203 while the Lch for left 
audio signals is connected to an analog delay circuit 206 
through an AMP 204. The output of the AMP 203 and output 
of the delay circuit 206 are connected to a subtracting circuit 
207 to undergo subtraction processing. The output of the 
AMP 204 and output of the delay circuit 205 are connected 
to a Subtracting circuit 208 to undergo Subtraction process 
ing. Basically and ideally, a right audio is only input to the 
right microphone 201 while a left audio is only input to the 
left microphone 202. However, because of the ability of the 
left and right microphones 202 and 201, the audio signals on 
the opposite side of each other may be mixed in picking-up. 
Especially, the use of omni-directional microphones may 
result in making a slight difference and therefore no sense of 
Stereo. Accordingly, the audio processing apparatus 200 with 
this construction takes advantage of a difference in phases of 
audio signals picked-up by the two left and right micro 
phones 202 and 201 to delay and subtract the audio signals 
output from the microphones from each other. Thus, the 
mixed and picked-up signal component is attenuated, and 
the channel separation can be improved. 

0021. If the wind noise component Rw is mixed with the 
Rch audio signal Rs of the right microphone 201 and the 
wind noise component LW is mixed with the Lch audio 
signal LS of the left microphone 202, the sound to be input 
to the right microphone 201 is RS+Rw, which is amplified by 
the AMP 203. However, since the signal component does not 
change, the output of the AMP 203 is still RS+Rw. On the 
other hand, the sound to be input to the left microphone 202 
is LS+Lw, which is amplified by the AMP 204. However, 
since the signal component does not change, the output of 
the AMP 204 is still LS+Lw. These signals are input to the 
subtracting circuits 207 and 208 and the delay circuits 205 
and 206 as they are. 
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0022 Here, when LPFs functioning as the delay circuits 
205 and 206 are used, the right signal Rs of the sound signal 
Rs+Rw, which is input to the delay circuit 205, may be 
considered as a right audio low frequency component RSL 
and a right audio high frequency component RSH separately. 
In other words, the delay circuit 205 outputs (RSL--RsH)+ 
Rw while the output of LS+Lw, which is input to the delay 
circuit 206 is (LSL+LSH)+Lw. However, since the delay 
circuits 205 and 206 are LPFs, the delay circuits 205 and 206 
output an audio low frequency component without attenu 
ation but reduce a higher frequency component. As a result, 
the outputs are LR+HR--WR and LL+HL+WL where the 
delayed RSL and LSL are LR and LL, and the high frequency 
components having reduced RsH and LSH are HR and HL. 
0023 Therefore, the signal, RSL+RsH+Rw-(LL+HL+ 
WL) is input to the subtracting circuit 207, which outputs a 
signal a. The output signal a may be expressed as: 

a=(RSL-LL)+(RSH-HL)+(Rw-WL) EQ5 
0024. Since the first and second terms of the EQ5 are 
audio signals, the output signal a may be handled as a 
synthesized signal of audio signals having a difference in 
phase. On the other hand, since the wind noise component 
may occur due to the constructional factor of the micro 
phones 201 and 202 and mainly contain swirling airflow 
component, the wind noises picked-up by the left and right 
microphones 201 and 202 are not related to each other and 
cannot be handled as a synthesized signal. Therefore, the 
output signal a in EQ5 of the subtracting circuit 207 and the 
output signal b of the subtracting circuit 208 may be 
expressed as: 

0.025 The output signal a is divided into a high frequency 
component and a low frequency component in an LPF 210 
and an HPF 209. The output signal c of the LPF 210 is an 
audio signal RL'+(Rw-WL) of the Rch low frequency 
component while the output signale of the HPF 209 is RH'. 
The output signal c of the LPF 210 is input to an adder 213 
and a fixed contact A of a switch 214. The output signal b is 
divided into a high frequency component and a low fre 
quency component in an LPF 211 and an HPF 212. The 
output signald of the LPF 211 is an audio signal LL'+(Lw 
WR) of the Lch low frequency component while the output 
signal f of the HPF 212 is LH'. The output signal d of the 
LPF 211 is input to the adder 213 and a fixed contact D of 
the Switch 214. The shown signal g is a synthesized audio 
signal of the Rich and Lch low frequency components 
including no wind noise component and is RL'+(Rw-WL)+ 
LL'+(Lw-WR). The wind noise component is (RW+LW)- 
(WL+WR), and is reduced because of no conformity. Appar 
ently, the remained component is the synthesized signal 
RL'+LL" of the low components of the input audio signals. 
The output terminals E and F connecting to a movable 
armature that switches between the fixed contacts A and B 
and the fixed contacts C and D of the switch 214 selectively 
output a signal from the contact A or B or a signal from the 
contact D or C. The signals and k output from the output 
terminals E and F of the switch 214 can be output from 
adders 215 and 216 to output terminals 217 and 218 by 
Switching and selecting the signal c, g or d input from and 
in accordance with the fixed contact A, B, C or D of the 
switch 214. 
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0026. Therefore, in response to an instruction for cancel 
ing the effect of reducing a wind noise component by 
manipulating the switch 214, the switch 214 connects the 
output terminal E to the contact A and output terminal F to 
the contact D, resulting in no wind noise reduction effect. In 
response to an instruction for activating the effect of reduc 
ing a wind noise component by manipulating the Switch 214. 
the switch 214 connects the output terminal E to the contact 
B and output terminal F to the contact C, resulting in 
maximum wind noise reduction effect. In other words, the 
wind noise reduction effect is intermittently switchable and 
selectable as required by performing the Switching operation 
with the switch 214. 

0027. The technologies disclosed in Patent Documents 1 
to 4 are all wind noise reduction processing using the 
technical measures above. By the way, with the spread of 
high-definition TVs for future television broadcasting, high 
definition recording and/or playing will be performed at 
households more easily, which may demand a sound pickup 
system that is compact but capable of high quality recording. 
For the low frequency component of audio to be picked-up, 
the audio processing apparatus disclosed in Patent document 
5 has a circuit for improving the stereo separation in the 
previous stage also to be converted to monaural (that is, the 
low frequency signal RL'+LL' is a monaural signal) during 
wind noise reduction. 

0028 Patent Document 1: Patent No. 3593.860 
0029 Patent Document 2: JP-A-2001-186585 
0030) Patent Document 3: JP-A-2001-352594 
0.031) Patent Document 4: JP-A-2003-299183 
0032) Patent Document 5: JP-A-10-32894 

SUMMARY OF THE INVENTION 

0033 Accordingly, it is desirable to propose a noise 
reducing apparatus, method and program and Sound pickup 
apparatus for an electronic apparatus, which can more 
largely minimize wind noise than measures in the past by 
selecting signals from multiple microphones at the minimum 
criterion (minimizing) appropriately in each predetermined 
period of time and re-synthesizing as a wind noise reducing 
method especially suitable for recording with multiple 
microphones closely contained in a recent home digital 
Video camera, for example. 
0034. According to an embodiment of the present inven 
tion, there is provided a noise reducing apparatus including 
an input section inputting multiple audio signals from mul 
tiple audio channels, multiple band extracting sections 
extracting a predetermined band from the multiple audio 
signals, a calculating section averaging signals from the 
multiple band extracting sections, multiple first level detect 
ing sections detecting the signal levels in a predetermined 
period of time of the signals from the multiple band extract 
ing sections, a second level detecting section detecting the 
signal level in a predetermined period of time of the signal 
from the calculating section, a selecting section selecting, 
for each of the predetermined period of times, the signal 
having the lowest level value of the level values detected by 
the multiple first level detecting sections and the second 
level detecting section, a band limiting section limiting the 
band of the signal from the selecting section, and a band 
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synthesizing section band-synthesizing the signal from the 
band limiting section and the signal in a band, which is not 
extracted by the multiple band extracting sections, for each 
audio channel, wherein the output of the band synthesizing 
section is an audio channel output signal. 
0035. According to another embodiment of the invention, 
there is provided a noise reducing apparatus including an 
input section inputting multiple audio signals from multiple 
audio channels, multiple band extracting sections extracting 
a predetermined band from the multiple audio signals, a 
calculating section averaging signals from the multiple band 
extracting sections, multiple first level detecting sections 
detecting the signal levels in a predetermined period of time 
of the signals from the multiple band extracting sections, a 
second level detecting section detecting the signal level in a 
predetermined period of time of the signal from the calcu 
lating section, a selecting section selecting, in each audio 
channel and for each of the predetermined period of times, 
the signal having a lower level value between the level 
values from the multiple first level detecting sections and the 
level value from the second level detecting section, multiple 
band limiting sections limiting the band of the signal from 
the selecting section, and a band synthesizing section band 
synthesizing the signal from the multiple band limiting 
sections and the signal in the band, which is not extracted by 
the multiple band extracting sections, for each audio chan 
nel, wherein the output of the band synthesizing section is an 
audio channel output signal. 
0036). According to another embodiment of the invention, 
there is provided a noise reducing method including the 
steps of inputting multiple audio signals from multiple audio 
channels, extracting a predetermined band from the multiple 
audio signals, averaging signals from the multiple band 
extracting steps, detecting a first signal level in a predeter 
mined period of time of the signals from the multiple band 
extracting steps, detecting a second signal level in a prede 
termined period of time from the averaging step, selecting, 
for each of the predetermined period of times, the signal 
having the lowest level value of the level values detected by 
the first signal level detecting step and the second signal 
level detecting step, limiting the band of the signal from the 
selecting step, and band-synthesizing the signal from the 
band limiting step and the signal in a band, which is not 
extracted by the multiple band extracting steps, for each 
audio channel, wherein the output of the band synthesizing 
step is an audio channel output signal. 
0037 According to another embodiment of the invention, 
there is provided a noise reducing method including the 
steps of inputting multiple audio signals from multiple audio 
channels, extracting a predetermined band from the multiple 
audio signals, averaging signals from the multiple band 
extracting steps, detecting a first signal level in a predeter 
mined period of time of the signals from the multiple band 
extracting steps, detecting a second signal level in a prede 
termined period of time of the signal from the averaging 
step, selecting, in each audio channel and for each of the 
predetermined period of times, the signal having a lower 
level value between the level values from the first signal 
level detecting step and the level value from the second 
signal level detecting step, limiting the bands of the signals 
from the selecting step, and band-synthesizing the signals 
from the multiple band limiting steps and the signal in the 
band, which is not extracted by the multiple band extracting 
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steps, for each audio channel, wherein the output of each of 
the band synthesizing steps is an audio channel output 
signal. 

0038 According to another embodiment of the invention, 
there is provided a noise reducing program including an 
input section inputting multiple audio signals from multiple 
audio channels, multiple band extracting sections extracting 
a predetermined band from the multiple audio signals, a 
calculating section averaging signals from the multiple band 
extracting sections, multiple first levels detecting sections 
detecting the signal level in a predetermined period of time 
of the signals from the multiple band extracting sections, a 
second level detecting section detecting the signal level in a 
predetermined period of time of the signal from the calcu 
lating section, a selecting section selecting, for each of the 
predetermined period of times, the signal having the lowest 
level value of the level values detected by the multiple first 
level detecting sections and the second level detecting 
section, a band limiting section limiting the band of the 
signal from the selecting section, and a band synthesizing 
section band-synthesizing the signal from the band limiting 
section and the signal in a band, which is not extracted by 
the multiple band extracting sections, for each audio chan 
nel, wherein the output of the band synthesizing section is an 
audio channel output signal. 
0039. According to another embodiment of the invention, 
there is provided a noise reducing program including an 
input section inputting multiple audio signals from multiple 
audio channels, multiple band extracting sections extracting 
a predetermined band from the multiple audio signals, a 
calculating section averaging signals from the multiple band 
extracting sections, multiple first level detecting sections 
detecting the signal levels in a predetermined period of time 
of the signals from the multiple band extracting sections, a 
second level detecting section detecting the signal level in a 
predetermined period of time of the signal from the calcu 
lating section, a selecting section selecting, in each audio 
channel and for each of the predetermined period of times, 
the signal having a lower level value between the level 
values from the multiple first level detecting sections and the 
level value from the second level detecting section, multiple 
band limiting sections limiting the bands of the signals from 
the selecting section, and a band synthesizing section band 
synthesizing the signals from the multiple band limiting 
sections and the signal in the band, which is not extracted by 
the multiple band extracting sections, for each audio chan 
nel, wherein the output of the band synthesizing section is an 
audio channel output signal. 
0040 According to another embodiment of the invention, 
there is provided a Sound pickup apparatus for electronic 
equipment that picks up multiple audio signals from mul 
tiple audio channels, the apparatus including multiple band 
extracting sections extracting a predetermined band from 
multiple audio signals, a calculating section averaging sig 
nals from the multiple band extracting sections, multiple 
first level detecting sections detecting the signal levels in a 
predetermined period of time of the signals from the mul 
tiple band extracting sections, a second level detecting 
section detecting the signal level in a predetermined period 
of time of the signal from the calculating section, a selecting 
section selecting, for each of the predetermined period of 
times, the signal having the lowest level value of the level 
values detected by the multiple first level detecting sections 
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and the second level detecting section, a band limiting 
section limiting the band of the signal from the selecting 
section, and a band synthesizing section band-synthesizing 
the signal from the band limiting section and the signal in a 
band, which is not extracted by the multiple band extracting 
sections, for each audio channel, wherein the output of the 
band synthesizing section is an audio channel output signal. 

0041 According to another embodiment of the invention, 
there is provided a sound pickup apparatus for electronic 
equipment that picks up multiple audio signals from mul 
tiple audio channels, the apparatus including multiple band 
extracting sections extracting a predetermined band from the 
multiple audio signals, a calculating section averaging sig 
nals from the multiple band extracting sections, multiple 
first level detecting sections detecting the signal levels in a 
predetermined period of time of the signals from the mul 
tiple band extracting sections, a second level detecting 
section detecting the signal level in a predetermined period 
of time of the signal from the calculating section, a selecting 
section selecting, in each audio channel and for each of the 
predetermined period of times, the signal having a lower 
level value between the level values from the multiple first 
level detecting sections and the level value from the second 
level detecting section, multiple band limiting sections lim 
iting the bands of the signals from the selecting section, and 
a band synthesizing section band-synthesizing the signal 
from the multiple band limiting sections and the signal in the 
band, which is not extracted by the multiple band extracting 
sections, for each audio channel, wherein the output of the 
band synthesizing section is an audio channel output signal. 

0042. According to the embodiments of the invention, 
since minimum (or minimum value) selecting processing is 
performed in wind noise reduction processing that performs 
monaural conversion (averaging) in the past, the only in 
phase component included in multiple signals can be 
strongly extracted. The strongly related signals such as 
imageable sound signals from contained microphones of a 
Video camera, for example, may be extracted as an in-phase 
component while unrelated signals such as wind noise 
signals are largely removed. Thus, a noise reducing appa 
ratus, method and program and sound pickup apparatus for 
electronic equipment can be obtained which can increase the 
effect of reducing the wind noise component. 

0043. Though in the prior arts the averaged band 
becomes monaural in wind noise reduction processing per 
forming monaural conversion (averaging), according to the 
embodiments of the invention, minimum (or minimum 
value) selecting processing is performed on an audio signal 
of each channel and a monaural-converted (averaged) sig 
nal. Thus, a noise reducing apparatus, method and program 
and Sound pickup apparatus for electronic equipment which 
can maintain the sense of the sound field (separation) of each 
audio channel along with reducing wind noise, are obtained. 

0044 According to the embodiments of the invention, the 
minimum (minimum value) selecting processing is per 
formed to the prior arts wind noise reducing processing 
performing monaural conversion (averaging). Thus, only 
in-phase components included in multiple signals can be 
strongly extracted. Therefore, strongly related signals such 
as imageable sound signals from internal microphones of a 
Video camera can be extracted as in-phase components, and 
unrelated signals such as wind noise signals can be largely 
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removed. As a result, a noise reducing apparatus, method 
and program and Sound pickup apparatus for electronic 
equipment thereof can be obtained which can increase the 
effect of reducing the wind noise component. 

0045 While in the prior arts the wind noise reduction 
processing performing monaural conversion (averaging) 
converts the averaged band to monaural, the embodiments 
of the invention performs minimum (minimum value) 
selecting processing on an audio signal of each channel and 
monaural-converted (averaged) signal. As a result, a noise 
reducing apparatus, method and program and Sound pickup 
apparatus for electronic equipment thereof can be obtained 
which can keep the sense of Sound field (separation) of each 
audio channel along with reducing wind noise. 

0046 According to the embodiments of the invention, an 
LPF extracts a wind noise band for each audio channel, and 
the wind noise band is divided into multiple bands, each of 
which undergoes minimum (minimum value) selecting pro 
cessing by multiple LPFs and BPFs. Thus, a noise reducing 
apparatus, method and program and Sound pickup apparatus 
for electronic equipment thereof can be obtained which can 
achieve good reproducibility of the audio signal of each 
audio channel along with reducing wind noise. 

0047 According to the embodiments of the invention, the 
extracted wind noise band is converted to a frequency signal 
by using an FFT section, and each frequency signal under 
goes minimum (minimum value) selecting processing. Thus, 
a noise reducing apparatus, method and program and Sound 
pickup apparatus for electronic equipment thereof can be 
obtained which can achieve good reproducibility of the 
audio signal of each audio channel along with reducing wind 
O1SC. 

0048. According to the embodiments of the invention, the 
minimum time unit for performing the minimum (minimum 
value) selecting processing is a sampling time for a digital 
signal. In consideration of the fact that a wind noise band is 
generally a band of 1 kHz or lower, the minimum sampling 
frequency is 2 kHz based on the sampling theorem (Nyquist 
theorem), and the longest predetermined time may be 
extended up to 0.5 ms. Thus, a noise reducing apparatus, 
method and program and sound pickup apparatus for elec 
tronic equipment therefore can be obtained which can select 
the time length for performing the minimum (minimum 
value) selecting processing of the embodiments of the 
invention from 1/Fs to 0.5 ms. 

0049 According to the embodiments of the invention, a 
noise reducing apparatus, method and program and Sound 
pickup apparatus for electronic equipment thereof can be 
obtained which can adjust the reduction effect by controlling 
the mix ratio of the output signal of the wind noise reducing 
processing and the input signal before the processing and 
can implement automatic wind noise reducing processing by 
adjusting the mix ratio based on the wind noise level. 

0050. Furthermore, a noise reducing apparatus, method 
and program and Sound pickup apparatus for electronic 
equipment thereof can be obtained which can have a higher 
wind noise reduction effect than prior arts even when the 
combination of the wind noise reducing processing of the 
invention and the conventional wind noise reducing pro 
cessing is implemented. 
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BRIEF DESCRIPTION OF THE DRAWINGS 

0051 FIG. 1 is a block diagram showing a noise reducing 
apparatus according to a first embodiment of the invention; 
0.052 FIG. 2 is a block diagram of a level value detecting/ 
determining section for use in a noise reducing apparatus 
according to the embodiment of the invention; 
0053 FIGS. 3A to 3E show operational waveform dia 
grams for describing a wind noise reducing method of a 
noise reducing apparatus according to the embodiment of 
the invention; 
0054 FIG. 4 is a flowchart by a level value detecting/ 
determining section for use in a noise reducing apparatus 
according to the embodiment of the invention; 
0.055 FIG. 5 is a block diagram showing a noise reducing 
apparatus according to a second embodiment of the inven 
tion; 
0056 FIGS. 6A to 6G are operational waveform dia 
grams for describing a wind noise reducing method of a 
noise reducing apparatus according to the second embodi 
ment of the invention; 
0057 FIG. 7 is a block diagram showing a noise reducing 
apparatus according to a third embodiment of the invention; 
0.058 FIG. 8 is a band frequency characteristic curve 
diagram showing divided bands of the third embodiment; 
0059 FIG.9 is a block diagram showing a noise reducing 
apparatus according to a fourth embodiment of the inven 
tion; 
0060 FIG. 10 is a specific block diagram showing an 
automatic noise reducing apparatus according to another 
embodiment of the invention; 
0061 FIG. 11 is a block diagram showing a noise reduc 
ing apparatus according to a fifth embodiment of the inven 
tion; 
0062 FIG. 12 is a schematic block diagram of an auto 
matic noise reducing apparatus according to another 
embodiment of the invention; 
0063 FIG. 13 is a block diagram schematically showing 
an automatic noise reducing apparatus in the prior arts; 
0064 FIG. 14 is a frequency characteristic curve diagram 
for describing a wind noise component; and 
0065 FIG. 15 is a block diagram showing another con 
struction of an automatic noise reducing apparatus in the 
prior arts. 

DESCRIPTION OF THE PREFERRED 
EMBODIMENTS 

0.066 Embodiments of the invention will be described 
below with reference to FIGS. 1 to 12. FIG. 1 is a block 
diagram showing a noise reducing apparatus according to a 
first embodiment of the invention; FIG. 2 is a block diagram 
of a level value detecting/determining section for use in a 
noise reducing apparatus according to the embodiment of 
the invention: FIGS. 3A to 3E show operational waveform 
diagrams for describing a wind noise reducing method of a 
noise reducing apparatus according to the embodiment of 
the invention: FIG. 4 is a flowchart by a level value 
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detecting/determining section for use in a noise reducing 
apparatus according to the embodiment of the invention; 
FIG. 5 is a block diagram showing a noise reducing appa 
ratus according to a second embodiment of the invention; 
FIGS. 6A to 6G are operational waveform diagrams for 
describing a wind noise reducing method of a noise reducing 
apparatus according to the second embodiment of the inven 
tion; FIG. 7 is a block diagram showing a noise reducing 
apparatus according to a third embodiment of the invention; 
FIG. 8 is a band frequency characteristic curve diagram 
showing divided bands of the third embodiment; FIG. 9 is a 
block diagram showing a noise reducing apparatus accord 
ing to a fourth embodiment of the invention; FIG. 10 is a 
block diagram showing an automatic noise reducing appa 
ratus according to an embodiment of the invention; FIG. 11 
is a block diagram showing a noise reducing apparatus 
according to a fifth embodiment of the invention; and FIG. 
12 is a schematic block diagram of an automatic noise 
reducing apparatus according to another embodiment of the 
invention. 

0067. With reference to FIGS. 1 to 12, embodiments of 
the invention will be described below. First of all, with 
reference to FIG. 1, a noise reducing apparatus according to 
an embodiment of the invention will be described. FIG. 1 
shows a two-channel wind noise reducing apparatus. Rich 
and Lch signals input from terminal 40 and 41 are input to 
an HPF 42 and an LPF 43 and an HPF 45 and an LPF 44, 
respectively. The Rch low frequency signal from the LPF 43 
and the Lch low frequency signal from the LPF 44 are input 
to an adder 46, a level value detecting/determining section 
48 and fixed contacts L and N of a switch (SW) 49, 
respectively. The output of the adder 46 is multiplied by % 
by a multiplier 47 and is input, as a (L+R)ch signal, to the 
level value detecting/determining section 48 and a fixed 
contact M of the SW 49. 

0068 Referring to FIG. 2, a block construction of the 
level value detecting/determining section 48 will be 
described. In FIG. 2, the Rch, (L+R)ch and Lch signals from 
terminals 60, 61 and 62 may be converted to positive 
absolute values, for example, by absolute value processing 
sections 63, 64 and 65, and the respective levels are detected 
by level detecting sections 66, 67 and 68. A level value 
determining section 69 in the Subsequent stage compares the 
respective level values, and the determination result is 
output from a determination output terminal 70. 

0069. Here, referring to FIG. 1, a movable armature of 
the SW 49 is switched to select one of the Rch, (L+R)ch and 
Lch, which is then added to the output of the HPF 42 by an 
adder 51 through an LPF 50. Then, the Rch signal is output 
from an output terminal 53. In the same manner, the selected 
one is added to the output of the HPF 45 by an adder 52, and 
the Lch signal is output from an output terminal 54. 

0070 Referring to FIGS. 3A to 3E, operations of the level 
value detecting/determining section 48 in FIG. 1 will be 
described. First of all, the LPFs 43 and 44 allow the wind 
noise bands shown in FIG. 14 to pass through. Here, the 
output of the LPF 43 and the output of the LPF 44 are Rch 
and Lch signals shown in FIGS. 3A and 3B, respectively. 
The processing by the adder 46 and the multiplication 
processing by % by the multiplier 47 thereon generate a 
(L+R)/2 synthesized signal shown in FIG.3C. As shown in 
FIG. 2, in the level value detecting/determining section 48, 
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signals input to the output terminals 60, 61 and 62 are 
compared in levels by the level value determining section 69 
through the absolute value processing sections 63, 64 and 65 
and the level detecting sections 66, 67 and 68. Now, the 
operations by the level value determining section 69 will be 
described with reference to the flowchart in FIG. 4. 

0071 Referring to FIG. 4, in a first step ST1, an Rch 
signal is input to the input terminal 60, and the absolute 
value processing section 63 and level detecting section 66 
detect the Rch signal level value. In a second step ST2, an 
Lch signal is input to the input terminal 62, and the absolute 
value processing section 65 and level detecting section 68 
detect the Lch signal level value. In a third step ST3, the 
(L+R)ch synthesized signal is input to the input terminal 61. 
and the absolute value processing section 64 and level 
detecting section 67 detect the (L+R)ch synthesized signal 
level value. 

0072 After the completion of the first to third steps ST1 
to ST3, the processing moves to a fourth step ST4 where 
whether (L+R)ch synthesized signals Lch signal or not is 
determined in the level value determining section 69. If 
“NO”, the processing moves to a sixth step ST6 where 
whether Rich signal SLch signal or not is determined. If 
“YES in the fourth step ST4, the processing moves to a fifth 
step ST5 where whether (L+R)ch synthesized signals Rch 
signal or not is determined. If “YES” in the fifth step ST5. 
the processing moves to a seventh step ST7 where (L+R)ch 
synthesized signal is defined as the determination output. If 
“NO”, the processing moves to an eighth step ST8 where the 
Rch signal is defined as the determination output. If “YES 
in the sixth step ST6, the processing moves to the eighth step 
ST8 where the Rch signal is defined as the determination 
output. If “NO” in the sixth step ST6, the processing moves 
to a ninth step ST9 where the Lch signal is defined as the 
determination output. After the completion of the seventh to 
ninth steps ST7 to ST9, the processing moves to a tenth step 
ST10 where the determination output is output to a deter 
mination output terminal 70. 

0073. In this way, the signal with the lowest level is 
typically selected to output to the output terminal 70. Refer 
ring to FIG. 1, when the determination output of the deter 
mination output terminal 70 is input to the SW 49 to select 
the lowest signal, the signal at the lowest level is selected 
and output from the Rch signal in FIG. 3A, Lch signal in 
FIG. 3B and (L+R)/2 synthesized signal in FIG. 3C as 
indicated by the thick line in FIG. 3D. Furthermore, through 
the LPF 50 for suppressing the harmonic component, it is 
output as shown in FIG. 3E. Then, the output is added to the 
signals of the bands which are not a wind noise band, from 
the HPFs 42 and 45, by adders 51 and 52 for band re 
synthesis, whereby Rch and Lch signals with reduced wind 
noise are generated. 

0074 By the way, the measures against wind noise in the 
prior arts include the monaural conversion of multi-channel 
signals, and the first control section 31 in the part enclosed 
by the broken lines in FIG. 13 performs the processing of 
monaural converting 2-ch signals. Here, the (L+R)ch signal 
in FIG. 3C is a monaural signal and may be a signal after the 
wind noise measure in the prior arts. However, the signal in 
FIG. 3E, which is a signal after the wind noise measure 
according to an embodiment of the invention, has a level 
more greatly reduced than the signal in FIG. 3C. The 
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components unrelated between/among channels such as a 
wind noise component are strongly removed, and the com 
ponents strongly related between/among channels such as 
imageable sound signals are only extracted. 

0075) Next, a two-channel wind noise reducing apparatus 
according to a second embodiment of the invention will be 
described. In the block diagram shown in FIG. 5, wind noise 
is reduced without the monaural conversion of a wind noise 
band unlike the wind noise reducing apparatus in FIG. 1. 
First of all, Rich and Lch signals input from input terminals 
71 and 72 are input to an HPF 75 and an LPF 73 and an HPF 
76 and an LPF 74, respectively. The Rch low frequency 
signal from the LPF 73 is input to an adder 77, a first level 
value detecting/determining section 79 and a fixed contact R 
of an SW 81. The Lch low frequency signal from the LPF 
74 is input to an adder 77, a second level value detecting/ 
determining section 80 and a fixed contact V of an SW 82. 
0076) The output of the adder 77 is multiplied by % by a 
multiplier 78 and is input, as a (L+R)ch signal, to the first 
and second level value detecting/determining sections 79 
and 80 and fixed contacts S and U of the SWS 81 and 82. 
Here, the first and second level value detecting/determining 
sections 79 and 80 determine properly an input signal at a 
lower level in the same manner as that of the level value 
detecting/determining section 48 and output the signals as 
Rch and Lch determination outputs to respective SWs 81 
and 82. The output determined by the SWs 81 and 82 are 
selected and added to the outputs of the HPFs 75 and 76 by 
adders 85 and 86 through LPFs 83 and 84 and are output as 
Rch and Lch signals from output terminals 87 and 88, 
respectively. 

0077. Now, operations of the noise reducing apparatus 
with the construction shown in FIG. 5 will be described with 
reference to signal waveforms in FIGS. 6A to 6G. First of 
all, the LPFs 73 and 74 allow the input signals to be supplied 
to the input terminals 71 and 72 to pass through the wind 
noise bands shown in FIG. 14. The output of the LPF 73 and 
the output of the LPF 74 are Rch and Lch signals shown in 
FIGS. 6A and 6B, respectively. The processing by the adder 
77 and the multiplication processing by % by the multiplier 
78 thereon generates a (L+R)/2 synthesized signal shown in 
FIG. 6C. The first level value detecting/determining section 
79 and SW 81 typically select the lowest value of the Rch 
signal shown in FIG. 6A and the (L+R)/2 synthesized signal 
shown in FIG. 6C, and the Rch signal is output as indicated 
by the thick line in FIG. 6D. Furthermore, through the LPF 
83 for Suppressing the harmonic component, it is output as 
the minimized Rch signal shown in FIG. 6E. In the same 
manner, when the minimum value of the Lch signal shown 
in FIG. 6B and the (L+R)/2 synthesized signal shown in 
FIG. 6C is selected by the second level value detecting/ 
determining section 80 and SW 82, the minimized Lch 
signal is output as indicated by the thick line shown in FIG. 
6F. Through the LPF 84 for suppressing the harmonic 
component, it is output as the minimized signal shown in 
FIG. 6G. Then, the Lch and Rch signals minimized by the 
LPFs 83 and 84 are added to the signals of the bands which 
are not a wind noise band, from the HPFs 75 and 76, by the 
adders 85 and 86 for band re-synthesis, whereby Rch and 
Lch signals with reduced wind noise are generated. 

0078. In this way, according to the second embodiment, 
the level of the wind noise component can be more reduced 
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as shown in FIGS. 6E and 6G, and the Lch and Rch signal 
components can be left without monaural conversion in 
comparison with the (L+R)/2 synthesized signal in FIG. 6C 
generated by a wind noise reducing apparatus in the prior 
artS. 

0079 Now, a sampling interval for selecting a minimum 
value and a band-limited frequency thereafter according to 
an embodiment of the invention will be described. While, in 
FIGS. 3D and FIGS. 6D and 6F, the time unit for selecting 
a minimum value by level comparison is defined as a 
sampling interval, which is a minimum time unit of a digital 
signal, the band-limited frequency in the Subsequent stage 
here may be defined to the one equal to or lower than FS/2 
by the sampling theorem where the sampling frequency is 
Fs. However, since the wind noise band is generally a low 
frequency of 1 kHz or lower as shown in FIG. 14, the 
sampling period for the minimum value selection may be 
increased up to the order of 0.5 ms (2 kHz). In other words, 
the level detection may be performed every 0.5 ms maxi 
mum, and the minimum level signal of the period may be 
selected. 

0080 Next, a noise reducing apparatus according to a 
third embodiment of the invention will be described with 
reference to the block diagram in FIG. 7. The same reference 
numerals with letters a and b are given to the corresponding 
components as those of the noise reducing apparatus in the 
block diagram shown in FIG. 1 and the detail description 
will be omitted herein. As indicated by the frequency band 
characteristic curb shown in FIG. 8, FIG. 7 includes a band 
3, which is not a wind noise band, and the case that the wind 
noise band frequency is divided in bands into bands 1 and 2 
will be described. 

0081. The Rch and Lch signals input from input terminals 
111 and 112 are first divided in bands by band pass filters 
(called BPFs 1-115 and 1-116, BPFs 2-117 and 2-118 and 
BPFs 3-113 and 3-114), and each of the wind noise band 
frequencies of the band 1 and 2 is processed by the BPFs 
1-115 and 1-116 and BPFs 2-117 and 2-118. First of all, the 
minimum value of the Rch and Lch signals from the BPFs 
1-115 and 1-116 and the (L+R)ch signal from the adder 46a 
and multiplier 47a is selected by the level value detecting/ 
determining section 48a and SW 49a and is input to an adder 
119 through the LPF 50a. In the same manner, the minimum 
value of the Lch and Rch signals from the BPFs 2-117 and 
2-118 and the (L+R)ch signal from the adder 46b and 
multiplier 47b is selected by the level value detecting/ 
determining section 48b and SW 49b and is input to the 
adder 119 through the LPF 50b. The bands 1 and 2 are 
synthesized by the adder 119, and the result is further 
synthesized with the band 3 from the HPFs 3-113 and 3-114 
by the adders 51a and 52b. Then, the Rch and Lch signals 
are output from the output terminals 53a and 54b, respec 
tively. The minimum value selecting processing for each of 
divided bands can achieve wind noise reduction with 
enhanced reproducibility of in-phase audio signals Having 
described the case that the wind noise band frequency is 
divided into the bands 1 and 2 according to the third 
embodiment, the wind noise band frequency may be divided 
into more bands for processing. 
0082 FIG. 9 shows a noise reducing apparatus according 
to a fourth embodiment of the invention in which the 
reproducibility of audio signals is more enhanced than the 
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third embodiment described with reference to FIG. 7 by 
performing fast Fourier transform (called FFT hereinafter). 
Here, Rch and Lch signals input from input terminals 135 
and 136, which are time axis signals in audio bands, are 
converted to m frequency axis signals at frequencies f1 to fm 
by FFT sections 139 and 141, respectively. The (L+R)ch 
synthesized signal from an adder 137 and a % multiplier 138 
is also converted to m frequency axis signals at the frequen 
cies f1 to fm by an FFT section 140. Here, each of the FFT 
sections 139, 140 and 141 divides the frequency axis signals 
at the frequencies f1 to fm into frequencies f1 to fin of a wind 
noise band and frequencies f(n+1) to fm of the other bands, 
and the Rich and Lch signals and (L+R)ch signal at the 
frequencies f1 to fin are input to a level comparing/selecting 
section 142. The level comparing/selecting section 142 
performs an operation of level comparison for each of the 
frequencies f1 to fin and selection of a signal at a channel 
with the lowest level on all of the frequencies f1 to fin. 

0083. Then, the selected signal is input to band synthe 
sizing sections 143 and 144, is synthesized in bands with the 
signals at the frequencies f(n+1) to fm, and is transmitted to 
inverted fast Fourier transform (called IFFT) sections 145 
and 146 as signals at the frequency f1 to fm. The frequency 
axis signals are inversely converted to time axis signals and 
are output from terminals 147 and 148 as Rch and Lch 
signals. 

0084 Having described the construction for wind noise 
reduction in two Lch and Rich channels, the invention is 
applicable to multi-channels including three or more chan 
nels. With reference to FIG. 11, a three-channel noise 
reducing apparatus according to a fifth embodiment of the 
invention will be described. First of all, Rch, center channel 
(called Cch hereinafter) and Lch signals are input from input 
terminals 180, 181 and 182 and are divided in bands into a 
wind noise band and a non wind noise band by an HPF 183 
and an LPF 186, an HPF 184 and an LPF 187 and an HPF 
185 and an LPF 188, respectively. The wind noise band 
signals Rch, Cch and Lch from the LPFs are input to an SW 
192 and a level value detecting/determining section 191. 

0085. The outputs from the LPFs 186, 187 and 188 are 
also input to an adder 189 and are all added therein. Then, 
the result undergoes multiplication processing in a /3 mul 
tiplier 190 and is averaged therein. Then, the result is input 
as a (L+R+C)ch signal to an SW 192 and a level value 
detecting/determining section 191. The level value detect 
ing/determining section 191 determines a signal at the 
lowest level in each predetermined sampling period. The 
SW 192 selects the signal. Adders 195, 194 and 196 band 
synthesizes the selected signal with non wind noise band 
signals from the HPFs 183, 184 and 185 of the channels, and 
the results are output from output terminals 197, 198 and 
199 as Rch, Cch and Lch signals. 

0086) The wind noise reduction processing can be per 
formed for four or more channels by changing the averaging 
processing of the channels and performing the minimum 
value selecting processing in the same manner. Like the 
second embodiment, the wind noise reduction processing 
with enhanced separation among channels may be achieved 
also in the third to fifth embodiments by performing the 
minimum-value selecting processing on the averaged signal 
of all channels and the channel signals. As described above, 
the wind noise reducing apparatus according to the embodi 
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ments of the invention can enhance the wind noise reduction 
effect more than prior arts, and the separation between/ 
among channels can be maintained. Furthermore, wind noise 
may be automatically detected and reduced in combination 
with the technologies in the prior arts. 
0087. The automated case will be described with refer 
ence to a block diagram thereof in FIG. 12. In FIG. 12, an 
input signal from an input terminal 90 is input to a mix ratio 
control section 92, a wind noise reducing section 91 accord 
ing to the first to fifth embodiments of the invention and a 
wind noise extracting section 93. Here, the signal input to 
the wind noise extracting section 93 is used as a control 
value for controlling the mix ratio control section 92 through 
a detecting section 94 and a control value creating section 
95. These components are configured in the same manner as 
the wind noise extracting section 33, detecting section 34 
and control value creating section 35 in the parts enclosed by 
the broken lines in FIG. 13. The mix ratio control section 92 
controls the maximum ratio of the output of the wind noise 
reducing section 91 to 100% with large wind noise in the 
mix ratio of the input signal and the output signal of the wind 
noise reducing section 91. On the other hand, the mix ratio 
control section 92 controls the mix ratio of the input signal 
to 100% with no wind noise. Thus, the automation can be 
achieved. As shown in FIG. 13, the second control section 
33 may be also used when the wind noise reducing section 
91 according to the first to fifth embodiments of the inven 
tion serves as the first control section 31. 

0088. The automatic wind noise reducing apparatus in 
this case will be described with reference to FIG. 10, which 
is a specific block diagram thereof. The Rch and Lch 
audiosignals including wind noise signals, which are input 
from terminals 151 and 152, are input to a delay unit (DL) 
154 and the minus terminal of the adder 160 and a DL 155 
and the plus terminal of the adder 160, respectively. The 
adder 160 calculates the difference component (L-R) signal 
of both and inputs the result to an LPF 161. Since wind noise 
signals are not related between L and R channels, a large 
amount of the wind noise component may be extracted in the 
difference component (L-R) signal. The wind noise signals 
only, which hardly include imageable sound signals, may be 
extracted by passing only the low frequency component 
through the LPF 161 (wind noise extracting section 93 in 
FIG. 12). Furthermore, the output of the LPF 161 is ampli 
fied by an AMP 162, and the level of the wind noise signals 
is detected by a detecting unit (DET) 163 (detecting section 
94 in FIG. 12). A control coefficient creating unit (MAKE 
COEF) 164 (control value creating unit 95 in FIG. 12) brings 
a control coefficient to be created, and a wind noise level 
detection signal with an attack/recovery time constant can be 
obtained. 

0089. The signal processed by the wind noise reducing 
section 156 according to the first to fifth embodiments of the 
invention is controlled in level with a wind noise level 
detection signal by the first and second mix ratio control 
sections 157 and 158. In this case, the first and second mix 
ratio control sections 157 and 158 control the mix ratio of 
the output of the wind noise reducing section 156 to 100% 
with large wind noise or with a high level of the wind noise 
level detection signal and, on the other hand, controls the 
level of the wind noise level detection signal to Zero and the 
outputs of the DLs 154 and 155 to 100% (mix ratio control 
section 92 in FIG. 12). The outputs of the first and second 
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mix ratio control sections 157 and 158 are input to the DLs 
171 and 172, respectively, and are input to an adder 170, 
whereby both of them are added. Then, the output is input 
to an LPF 173. 

0090 The LPF 173 is set for the band for extracting a 
wind noise band. The output of the LPF 173 is controlled in 
level by a level adjusting unit 174 with the wind noise level 
detection signal from the MAKECOFE 164, and is con 
trolled to be large when the level of the wind noise level 
detection signal is large and is controlled to be Zero when the 
level of the wind noise level detection signal is zero because 
of no wind noise. The output of the level adjusting unit 174 
is subtracted by an adder 175 from the signal through a DL 
171 and is subtracted by an adder 176 from the signal 
through a DL 172 (second control section 32 in FIG. 13). 
The outputs of the adders 175 and 176 are output from 
output terminals 177 and 178 as respective Rch and Lch 
signals. In this way, the combination of the wind noise 
reducing section 156 according to an embodiment of the 
invention and the processing for reducing a wind noise band 
in the prior arts can further enhance the reduction effect. 
0091 Like the example in the prior arts shown in FIG. 13, 
signals from the microphones 1 and 2 may be supplied to the 
input terminal of the wind noise reducing apparatus accord 
ing to the embodiments above, or a sound pickup system 
(method) for electronic equipment Such as a video camera or 
a recording/playing system (method) may be configured 
therewith. However, the invention is not limited thereto but 
may be implemented in a recording/playing apparatus or a 
Sound pickup apparatus for electronic equipment. The 
invention may be implemented as application software in a 
computer and may be apparently implemented as non 
realtime processing to be performed in editing a video/audio 
file, file conversion or writing on a DVD disk. 
0092. It should be understood by those skilled in the art 
that various modifications, combinations, Sub-combinations 
and alterations may occur depending on design requirements 
and other factors insofar as they are within the scope of the 
appended claims or the equivalents thereof. 

What is claimed is: 
1. A noise reducing apparatus comprising: 
input means for inputting multiple audio signals from 

multiple audio channels; 
multiple band extracting means for extracting a predeter 

mined band from the multiple audio signals; 
calculating means for averaging signals from the multiple 
band extracting means; 

multiple first level detecting means for detecting the 
signal levels in a predetermined period of time of the 
signals from the multiple band extracting means; 

second level detecting means for detecting the signal level 
in a predetermined period of time of the signal from the 
calculating means; 

selecting means for selecting, for each of the predeter 
mined period of times, the signal having the lowest 
level value of the level values detected by the multiple 
first level detecting means and the second level detect 
ing means; 
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band limiting means for limiting the band of the signal 
from the selecting means; and 

band synthesizing means for band-synthesizing the signal 
from the band limiting means and the signal in a band, 
which is not extracted by the multiple band extracting 
means, for each audio channel, 

wherein the output of the band synthesizing means is an 
audio channel output signal. 

2. A noise reducing apparatus comprising: 
input means for inputting multiple audio signals from 

multiple audio channels; 
multiple band extracting means for extracting a predeter 
mined band from the multiple audio signals; 

calculating means for averaging signals from the multiple 
band extracting means; 

multiple first level detecting means for detecting the 
signal levels in a predetermined period of time of the 
signals from the multiple band extracting means; 

second level detecting means for detecting the signal level 
in a predetermined period of time of the signal from the 
calculating means; 

Selecting means for selecting, in each audio channel and 
for each of the predetermined period of times, the 
signal having a lower level value between the level 
values from the multiple first level detecting means and 
the level value from the second level detecting means; 

multiple band limiting means for limiting the bands of the 
signals from the selecting means; and 

band synthesizing means for band-synthesizing the sig 
nals from the multiple band limiting means and the 
signal in the band, which is not extracted by the 
multiple band extracting means, for each audio chan 
nel, 

wherein the output of the band synthesizing means is an 
audio channel output signal. 

3. The noise reducing apparatus according to claim 1 or 2, 
wherein the band extracting means includes multiple filter 
CaS. 

4. The noise reducing apparatus according to claim 1 or 2, 
wherein the band extracting means includes fast Fourier 
transform means (FFT). 

5. The noise reducing apparatus according to claim 1 or 2, 
wherein the minimum unit of the predetermined period of 
time is a period for sampling a noise band. 

6. The noise reducing apparatus according to claim 1 or 2, 
further comprising: 

control means for adjusting the mix ratio between the 
multiple input audio signals and each audio channel 
output signal. 

7. The noise reducing apparatus according to claim 6. 
wherein the control means adjusts the mix ratio based on a 
noise level. 

8. A noise reducing method comprising the steps of 
inputting multiple audio signals from multiple audio 

channels; 
extracting a predetermined band from the multiple audio 

signals: 
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averaging signals from the multiple band extracting steps; 
detecting a first signal level in a predetermined period of 

time of the signals from the multiple band extracting 
steps: 

detecting a second signal level in a predetermined period 
of time from the averaging step; 

selecting, for each of the predetermined period of times, 
the signal having the lowest level value of the level 
values detected by the first signal level detecting step 
and the second signal level detecting step; 

limiting the band of the signal from the selecting step; and 
band-synthesizing the signal from the band limiting step 

and the signal in a band, which is not extracted by the 
multiple band extracting steps, for each audio channel, 

wherein the output of the band synthesizing step is an 
audio channel output signal. 

9. A noise reducing method comprising: 
inputting multiple audio signals from multiple audio 

channels; 
extracting a predetermined band from the multiple audio 

signals: 
averaging signals from the multiple band extracting steps; 
detecting a first signal level in a predetermined period of 

time of the signals from the multiple band extracting 
steps: 

detecting a second signal level in a predetermined period 
of time of the signal from the averaging step; 

selecting, in each audio channel and for each of the 
predetermined period of times, the signal having a 
lower level value between the level values from the first 
signal level detecting step and the level value from the 
second signal level detecting step; 

limiting the bands of the signals from the selecting step; 
and 

band-synthesizing the signals from the multiple band 
limiting steps and the signal in the band, which is not 
extracted by the multiple band extracting steps, for 
each audio channel, 

wherein the output of each of the band synthesizing steps 
is an audio channel output signal. 

10. A noise reducing program comprising: 

input means for inputting multiple audio signals from 
multiple audio channels; 

multiple band extracting means for extracting a predeter 
mined band from the multiple audio signals; 

calculating means for averaging signals from the multiple 
band extracting means; 

multiple first level detecting means for detecting the 
signal levels in a predetermined period of time of the 
signals from the multiple band extracting means; 

second level detecting means for detecting the signal level 
in a predetermined period of time of the signal from the 
calculating means; 
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Selecting means for selecting, for each of the predeter 
mined period of times, the signal having the lowest 
level value of the level values detected by the multiple 
first level detecting means and the second level detect 
ing means; 

band limiting means for limiting the band of the signal 
from the selecting means; and 

band synthesizing means for band-synthesizing the signal 
from the band limiting means and the signal in a band, 
which is not extracted by the multiple band extracting 
means, for each audio channel, 

wherein the output of the band synthesizing means is an 
audio channel output signal. 

11. A noise reducing program comprising: 

input means for inputting multiple audio signals from 
multiple audio channels; 

multiple band extracting means for extracting a predeter 
mined band from the multiple audio signals; 

calculating means for averaging signals from the multiple 
band extracting means; 

multiple first level detecting means for detecting the 
signal levels in a predetermined period of time of the 
signals from the multiple band extracting means; 

second level detecting means for detecting the signal level 
in a predetermined period of time of the signal from the 
calculating means; 

Selecting means for selecting, in each audio channel and 
for each of the predetermined period of times, the 
signal having a lower level value between the level 
values from the multiple first level detecting means and 
the level value from the second level detecting means; 

multiple band limiting means for limiting the band of the 
signals from the selecting means; and 

band synthesizing means for band-synthesizing the signal 
from the multiple band limiting means and the signal in 
the band, which is not extracted by the multiple band 
extracting means, for each audio channel, 

wherein the output of the band synthesizing means is an 
audio channel output signal. 

12. A Sound pickup apparatus for electronic equipment 
that picks up multiple audio signals from multiple audio 
channels, the apparatus comprising: 

multiple band extracting means for extracting a predeter 
mined band from multiple audio signals; 

calculating means for averaging signals from the multiple 
band extracting means; 

multiple first level detecting means for detecting the 
signal levels in a predetermined period of time of the 
signals from the multiple band extracting means; 

second level detecting means for detecting the signal level 
in a predetermined period of time of the signal from the 
calculating means; 

Selecting means for selecting, for each of the predeter 
mined period of times, the signal having the lowest 
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level value of the level values detected by the multiple 
first level detecting means and the second level detect 
ing means; 

band limiting means for limiting the band of the signal 
from the selecting means; and 

band synthesizing means for band-synthesizing the signal 
from the band limiting means and the signal in a band, 
which is not extracted by the multiple band extracting 
means, for each audio channel, 

wherein the output of the band synthesizing means is an 
audio channel output signal. 

13. A Sound pickup apparatus for electronic equipment 
that picks up multiple audio signals from multiple audio 
channels, the apparatus comprising: 

multiple band extracting means for extracting a predeter 
mined band from the multiple audio signals; 

calculating means for averaging signals from the multiple 
band extracting means; 

multiple first level detecting means for detecting the 
signal levels in a predetermined period of time of the 
signals from the multiple band extracting means; 

second level detecting means for detecting the signal level 
in a predetermined period of time of the signal from the 
calculating means; 

selecting means for selecting, in each audio channel and 
for each of the predetermined period of times, the 
signal having a lower level value between the level 
values from the multiple first level detecting means and 
the level value from the second level detecting means; 

multiple band limiting means for limiting the bands of the 
signals from the selecting means; and 

band synthesizing means for band-synthesizing the sig 
nals from the multiple band limiting means and the 
signal in the band, which is not extracted by the 
multiple band extracting means, for each audio chan 
nel, 

wherein the output of the band synthesizing means is an 
audio channel output signal. 

14. A noise reducing apparatus comprising: 
an input section inputting multiple audio signals from 

multiple audio channels; 
multiple band extracting sections extracting a predeter 

mined band from the multiple audio signals; 
a calculating section averaging signals from the multiple 
band extracting sections; 

multiple first level detecting sections detecting the signal 
levels in a predetermined period of time of the signals 
from the multiple band extracting sections; 

a second level detecting section detecting the signal levels 
in a predetermined period of time of the signal from the 
calculating section; 

a selecting section selecting, for each of the predeter 
mined period of times, the signal having the lowest 
level value of the level values detected by the multiple 
first level detecting sections and the second level 
detecting section; 
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a band limiting section limiting the band of the signal 
from the selecting section; and 

a band synthesizing section band-synthesizing the signal 
from the band limiting section and the signal in a band, 
which is not extracted by the multiple band extracting 
sections, for each audio channel, 

wherein the output of the band synthesizing section is an 
audio channel output signal. 

15. A noise reducing apparatus comprising: 
an input section inputting multiple audio signals from 

multiple audio channels; 
multiple band extracting sections extracting a predeter 
mined band from the multiple audio signals; 

a calculating section averaging signals from the multiple 
band extracting sections; 

multiple first level detecting sections detecting the signal 
levels in a predetermined period of time of the signals 
from the multiple band extracting sections; 
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a second level detecting section detecting the signal level 
in a predetermined period of time of the signal from the 
calculating section; 

a selecting section selecting, in each audio channel and for 
each of the predetermined period of times, the signal 
having a lower level value between the level values 
from the multiple first level detecting sections and the 
level value from the second level detecting section; 

multiple band limiting sections limiting the bands of the 
signals from the selecting section; and 

a band synthesizing section band-synthesizing the signals 
from the multiple band limiting sections and the signal 
in the band, which is not extracted by the multiple band 
extracting sections, for each audio channel, 

wherein the output of the band synthesizing section is an 
audio channel output signal. 


